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ABSTRACT 


An effort has been made to develop and fabricate a 
digitally programmable instrument having spot frequency 
generation and sweep generation capabilities with 3-digit accuracy 
in audio -frequency range. The basic block of such a system is 
a digitally programmable spot-frequency generation after which 
desired sweep can be obtained by external haMware. An indirect 
scheme using Phase-lock-loop (Pli) is taken up for this purpose 
and is developed in full detail. It uses four blocks for four 
frequency decades. The Hardware for such a system for two 
decades has been made using all cotmaereially available compo- 
nents. The tests on the scheme shows that it has got frequency 
accuracy upto four digits and is capable of generating sweep- 
programmed by external hardware, for getting frequency response 
of any system or block. The feasibility of this system is 
thus established* 
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OHAFTER 1 


INTRODUCTION 

There are two diabinct approaches to the problem of 
frequency synthesis* One is to generate different fixed frequ- 
encies related to a reference frequency (usually a crystal 
reference)^ and the other is to generate a frequency sweep over 
a required range. Accuracy and stability of frequency are 
important criteria in the first case^i vhereas the main objective 
of the sweep generation is to obtain a specified range of 
frequenciesr swept in a prescribed (e.g, linear# logarithmic# etc) 
manner with time. Although most commercial sweep generators do 
provide for fixed frequency operation# the accuracy and stability 
of such a fixed frequency are generally considerably worse than 
those obtained with spot frequency synthesizers. However the 
advantagesof both these approaches can be combined by designing 
a digitally programmable spot frequency synthesizer, 

Jhaveri (l) has given a good account of various schemes 
for fre^tlency synthesis* The schemes which are amenable to 
digital programming can be ciasaified intwo different categories 
a) Direct frequen<^ Synthesis schemes . 
h) Indirect frequency synthesis using HjL 
In the direct frequency synthesis schemes the required 
frequency incremmts are obtained from the accurate and stable 
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reference frequency by frequency multiplication# diviiplon and 
translation. A judicious mixture of these then give the desired 
output frequency. This output frequency will have the accuracy 
of the reference frequency^ but this scheme involves high 
frequency filters and mixtrs having rather stringent requirements. 
On the other hand# Indirect synthesis uses Phase Lock Loop (PLL)# 
the Voltage Controlled Oscillator (VOO) of this PLL being made 
to oscillate with a frequency appropriat(dLy related to the 
reference frequency by using a digital frequency divider in the 
feedback path. This sohvmo suffers from short term stabiliiy# 
as like every practical closed-loop system# there is always 
some Jitter on the output. The advantages of this scheme are . 
simplicity and low>coat. 

The objective of preset project is to investigate the 
feasibility of using a PLL based indirect ^nthesis scheme for 
generating a stair-case audio-frequency sweep suitable for testing 
the frequency response of practical circuits, Agrawal (2) has 
dasigtied a digital programmer# fortwwwith frequency synthesiaera# 
which provides four decades of frequency range# with a four 
digit setting for the frequency. Attempt is therefore made in 
the present project to design a compatible synthesizer# having 
four frequency ranges* lO to 100 Ha# 100 to liOOO Ife# 

1 to 10 KHz and ID to 100 KHz, 
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In the next chapter the different concepts of indirect 
frequency synthesis are taken up and then a capable of 

meeting our requirements is formulated^ which is followed by 
the Selection of design petiaiiobors to be used in implemeiting 
the schwe formulated and the complete block diagram of the 
system. In the third chapter the hardware realization of each 
block constituting the gystem is taken up one after another 
and actual circuits are given. The fourth chapter concludes 
the thesis with results and suggested modifications for further 
improvements. 


« 



CHAPTER Z 


PROPOSED INDIRECT FREgJENGY SYMTHESTS SCHBfE 

~ In the first section of this chapter the principles of 

the basic PLL multiplier are discussed. In the next section the 
carrier concept in PLL is discussed. The third section is devoted 
to the formulation of the scheme capable of generating multi- 
decades of the frequencies, which is followed by discussion 
on selection of the design parameters. The chapter concludes 
with block schematic of complete ^stem. 

2. 1. Basic PLL Frequency Multiplier 

The schematic diagrame of a frequency multiplier using 
a PLL and a digital frequency divider is diown in Pig. 2.1. 

When the loop is locked, 
fr = fo/M 

Where fy is the reference frequency 
fj, is the VCO output frequency 
and H is the division ratio. 

So the output frequency is a multiple of the reference 
frequency i 

fo r M fj, — (2,1) 

Mew if we sweep the division ratio M, then at the output 
we get a Sweep of frequencies as the reference frequency is being 
kept constants 


Phase 

Ub. 

Loop 

Detector 


filter 


¥ 


f / .¥ 
o' 


TOO 



Pig. 2,1 Basic PLL 
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Let u3 now examine the poaaibilitieg of* apurlous 
locdcingji l*e^ the passibillty of the HjL to be locked without 
satisfying equ, 2*1* These possibilities arise out of the 
presence of harmonics in the Phase Detector (PD) inputs^i as 
IXplained below. 

Let the divider output contain the harmonic 
(frequency - n. fo/W) and the reference signal contain the 
harmonic (frequency - tn.fr) such that the frequencies of these 
two harmonics are equal : 

m* fy ■ n* 

Clearly then, the fLL stays locked with an output 
frequency t 

fo » (n/n) N fr -(2.2) 

Sc that, depending on values of m & n, the various 
possible values of fo can result for same choice of N and fj.. 
Making the reference signal a sine wave leads to a considerable 
improvement in the situation as now m ■ 1 and eq. 2,2 reduces to 

fo = W fp/n (2.3) 

This is usually referred to as harmonic looking and 
restricts the usable range of N. If the divider outptt is 
symmetrical square wave ( N even ) the minimum value of n is 3 
(in a symmetrical square wave all even harmonics are absent) and 
as such a range of 1 ! 2 for N Is safely permissible. With such 
a restriction on N harmonic locking can be avoided by ensuring 
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that the lode range of PLL does not extend below the 
minimuB frequency in the desired range, 

2.2. .Carrier Concept in HX 

From section 2,1, it is clear that we can not use a 
direct PLL for sweeping even one decade of frequency not to speak 
of the entire , audio range. So the alternative is to use a 
f^arrier frequenjty during fi-equancy synthesis and then to subtract ji 
it by mixing. Such a scheme is indicated in Fig, 2*2 

No is number corresponding to the carrier frequency vdiich | 
means that fj. is our carrier frequency, 

The division ratio is Mq (l*k) j k being swept from 
ki to kg to generate frequency 

fo r No (l>k) fy (2.4) J 

I 

This output is mixed with the carrier frequency No fp* | 

I 

and the lower side-band is selected by an low-PaSs Filter (LPP), I 

I 

so that we get our required band of frequencies as the final 

output I /V 

Fq ; ^o " ^ ^0 ^r ——-(2,5) 

In order to restrict the range of N( « Nq (l-!^k) ) to 
1 ! 2 t one has to ensure that t 
l^ kg ^ 2 (1 ki) 

^2 - 2ki ^ 1 



0 # 



iY^(1+IC) 
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If no reatplction is placed on the lover limit of 
then this requires 

^2 ^ ( 2 » 6 ) 

Even with this restriction kg/k^ can be arbitrarily 
large in principle j but as one hag to use the same number of 
significant digits for setting the lower and upper limits of the 
frequency range, k^ and kg have to have the same number of 
significant digits, sgy M clearly then 

10 (l - 10"’^) (2,7) 

the equality being satisfied if a full decade is desired. 
MixLtl-deoade range cannot thus be achieved in this simple 
carrier scheme. One way to obtain more decades i would 
be to use different ELL's for different decades. Such a shheme 
would, however, not be economically viable. Alternatively 
multiple decades of frequency can be achieved vd-th a .sLnj^e ELL 
by using divid^aad-mix scheme, as discussed in the following 
section. 

2,3, Divid e - and «• Mix Schem e 

The block schematic of this scheme is shown in Pig 2.3, 
Sweeping k from k^ to kg results in a swept ELL output frequency 
(l^ k) Mo fy i mixing this outpirb with the carrier frequaicy 
Nq fy and saleoting the lower side-band by an LPP gives the first 
decade ( k Nq fy)» The ELL output frequency is divided by ID and 
mixed with 0,1 No fr to generate, after an LPP as before, the 
next lower decade (0*1 k Nq fy). Successive decades can be 
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obtained by further division of the EUi output frequency 
as well as the carrier frequmcy before rnixlng them together. 
The accuracy of the final output frequency remains the. same as 
that of ELL output frequency in any decade. 

2,4, Se lection of the Design Parameters 

The design parameters in the present divide- and -mix 
scheme are Mq fj,# 1^2 and M, 


The maximum frequency in the instrument is lOO KHa* 

■Rjthis to 


Hence carrier frequency should be at least double 
ease requirements of the LPP that follows the mixer to separate 
carrier from the signal, 

A convenient choice for carrier frequency is therefore | 

No f r * SOO KHz (2.8) 

We have, from equs, 2,5 and 2.7 

No fr r 10 KHz (2,9) 

k 2 No fr = 100 (l - lO'^) KHz (2,l0) 

in view of the fact that the highest decade of frequencies 
commences from 10 KHz. 


^ w 0,02 

and kg s 0,2 (l - lO ) ■ 


( 2 . 11 ) 

•( 2 . 12 ) 


The choice of the value of M depends on the jitter in 
PLL output frequency. As the reference frequency can be assumed 
to have stability of 1 part in 10®# the PIL output frequency 
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also has the same long-term stability j however^, its j^iort-term 
etability dtsperris on LPP tine eonatant, and an attempt to increase 
the stability by increasing the IPP tine constant leads to a 
reduction in the capture range of the ILL. The short-term 
stability is thus an order of magnitude viorse than the lonig-terts 
stability, A 4-digit setting is therefore the maxitnurn possible 
for N , leading to M • 5 

Hence eq, 2,12 gives 

kg s 0,1998 (2,13) 

and the only choice of No and fy, compatible with eq, 

2,8 are i 

Nq » 5000 (2.14) 

and fj, r IDO Hz (2,15) 

But if we use fj as IDO Uz» the sweeping rate has to be 
low as the phase detector will be operating at 100 Hz, For this 
reason the carrier frequency, at viiioh ELL works, should be as high 
as possible to make svoop rate f astern For this reason a boosted- 
up frequency sweep can be generated and then divided down, to get 
the required basic .sweeip. So one can make the carrier frequency 
5 MHz or 50 MHz instead of 500 KBs, The commercial ELLs are 
available for frequencies upto 55 MHz and hertCe carrier frequency 
i3 selected to be 5 MHz and now the sweep generated by ELL Is 
5. IDO MHz to 5,999 MHz and then this can be divided by lO to give 
us required basic sweep of 51D,0 KHz to 599,9 KHz, 


This results in fj, to be i KHz^ But in view of 
having PD input to be aywmetrical square wave# the presoallng 
by factor of 2 is needed to enable us to use flip-flop after 
chain of dividers (so that N is ev&i for any setting of Ic). 

This results in Value of fj. to be equal to 500 Hz which is 
adequate on speed considerations. 

2* S Complete Block Sehewatle of The Proposed Soheftie 

Pig 2,4 gives block schematic of the proposed soheme. 

As discussed in previous paragraph# we need 500 Hz as the 
reference input of ELL, We iso need 500 KHz^ 50 KHz , 5 KHz and 
500 Hz signals as the different inputs out of which one at a time 
is switched as the one input of the mixer. Hence the first block 
consists of Reference and Auxiliary Frequency Generation in which 
we have crystal o.scillator and diain of dividers. The next block 
in the system is different BandwPass Filters (BPF) as all above 
signals have to be sine wave, So we have four different BPF 
for four different frequencies. The next block is PLL frequency 
multiplier, This consisbo of PLL which generates boostsd-up 
sweep of 5,100 MHz to 5,999 MHfe vhich is followed by divider to 
give us the basic sweep of f requaicies. Then comes the mixer 
Hock# whose one input is carrier frequency or carrier frequency 
after successive division 
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(different sine wave frequencies oufcputed by different BPF) 
depending on range. The other input is also soleoted;, from four 
different inputs^ depending on ranges these four inputs being 
the basic sweep ani basic sweep after successive division by 10, 
This mixer gives us, the frequencies vibich are sun of two input 
fi^equencies of the mixer, difference of two input frequencies, 
sum of different harmonics of the input frequmcies and difference 
of different harmonics of the input frequencies as the output. 

The next block Is bank of Low Pass Filters (LFF), The output 
of the mixer goos to the inputs of four different LPP. These 
low pass filters select the correct frequency of interest from 
the mixer output, i,e. the difference of the two input frequencies 
of the mixer. The output of these LPF is svdtched (again depending 
on range) to the input of the Automatic Gain Control (AGO) circuit 
which is the last block of the system. This AGO stabilizes the 
amplitude to the same value for different output frequencies 
such that we get constant amplitude output signal for practically 
all frequencies of interest. 



OHAPTEa 5 


HIRDWARE REAJIZATIO?T 

This chapter deals with actual hardware realization of 
the blocks constituting the 3y,3teJn. 

3.1 Reference and Auxiliary Frequency Generation 

In realizing any reference oscillator the main criteria 
are frequency •w.uraoy and frequency stability with time^ tempe- 
rature and compaienta change. For these reasons a master crystal 
oscillator of 30 MHz frequency is selected and then reference 
frequency and all other auxiliary frequencies (500 KHz^ 50 KHz. 

5 KHz) are obtained by putting a chain of dividers from the 
master clock. 

Pig 5.1 shows the master crystal oscillator. It uses 
standard ITL MDR 7402) gates and a 10 Mz crystal to give 
US 10 MHz Master 'reference frequency. Standard astable 
configuration is used for this purpose. Resistors Rj_ and Rg 
keep gates at their proper theeshold values. The capacitor 
trimmer Ojy gives fine variations in frequency. 

The auxiliary frequeaoy sources required are 500 KHz. 

50 KHz, 5 KHz and 500 Hz. 












IS 


All these frequencies ©an be directly generated from 
ID MHz master reference frequency by putting chain of dividers as 
shown in Pig 3,2, 

Band Pass Filters (BPF) 

* We need four different BPF to convert 500 KHz, 50 KHz, 

5 KHz and. 500 Hs TTL aivgnal to sine wave, AH of these signal* 
are required to go as one of the input of mixer for different 
ranges, 500 Bz sine wave Is also required to go as HiL reference 
input. 

The specifications of these filters vdll be, that, it 
should attenuate third harmonic frequencies which are present in 
TTL output. The design of these filters is simple as there is 
wide separation between pass-band and stop-bard frequencies of 
the mixer. 

For 500 KHz filter, as the pass-band frequencies are 
near to sbardard Intermodiate Frequency (l.F.) used in AM Radio- 
receivers, an Intermediate Frequency Transformer (IPT) is used 
which follows the passive R-C low-pass filter, to give us 
reasonably good sine wave. Fig 3,3. gives circuit diagram for 
this case. 

For other band-pasa filters a passive low-pass followed 
by seconi order active Voltage Controlled Voltage Source (VGVS) 
band pass filter Is used. 



19 


SOO KHz 
input 


2.7 K 
-WV~ 

R 


100 pf 


500 KHz output 
to mixer 


0.47 uf 

1270 

pf 



IPT Primary 


f,: 

i: 



Fla. 3.4 500 Hz and 5^00 KHz Band Pass Filters 



3 . 92 : 
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The complete circuit diagrams for 50 KHz, 5 KHz and 500 Hz 
filters are given in Pig. 3*4 Pig. 3.5, 

The passive lovMpasg filter has got cut-off frequ^cy t 



1 

2 V RC 


(3.1) 


which is selected near centre frequency of BPP (slightly 
on higher side). For VCVS band pass filters the center frequency 
is given by i 

fc s 43.2) 

2 il 0 


Even though active filters give low Q, a reasonably good 
performance can be expected from them because of the facts that 
stop-band frequencies are three times the pass-band frequencies 
and the stop-band frequencies are ilafedy attenuated 1:^ passive 
low-pass filters. 


The Pli restricts the input reference frequency amplituie 
and it requires some do level. For these reasons an attenuator 
and levol shifter is used with 5CX3 Hz filter i^iich is shown in 
dotted line block in Fig - 5,4. 


3.3, The PLL Freauaioy Multiplier 

Pig 5.6 gives detailed circuit diagram for this block 
which uses a highly sophisticated monolithic PLL (XR-215), Schmitt 
trl^er (74i5)j, four cascaded programmable divider (74190) in down 
counting mode, the most atgnlfieant digit counter o|’. 
















permanent data*»in as 5 (corresponding to carrier frequency), 
while the rdaalnlng three digit dividers take input data, viiich 
varies from 100 to 999 depending on frequency to be generated, 
a flip-flop (747s) which is used to malce output of this chain, 
a symmetrical square wave, 

Ttte VOO free-running frequency fijp FLL ZR-215 is given by 
following equation ! 

fo « ^ - (3.5) 

where fo is VOO output frequency and Cq is VGO timing 

capacitor in uf. 

The timing capacitor Oq is to be connected between pin 15 & 14, 

The free-running frequency can be increased by connecting 
an external resistor Rx betveen pins and ID of XB^tSlS, Now the 
output frequency is given by 

r„ . aoo (it ) (5.4) 

"nr“ % 

is in Kiloohms. 

The lO K Ohm preset potentiometer in parallel with 600 Ohn 
resistor Is used for trimming the free-running frequency. 

The lov-pass filter is formed by putting a capacitor 
between pins £ and 3, This capacitor should be as high as possible 
to have miniijum jitter in the output. The capture range puts the 
upper limit on this capacitor as higher the capacitor value anall 
is the capture range. In the present case the PIL has to have lock 
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vhen division ratio ehangos f 2 x 5999 to 2 x 51CXD, in other 
vQtds PLL should bo able to capture at division ratio 2 x 5100 and 
shodid be able to maintain the lock upto at least 2 x 5999, The 
resistor R & 0 is used to make ELL output, a TTl ootnpatible for 
schmltt trigger input. 

Throe digit BGD lines are brought out for either manual 
control or remote control of tho instrument to use this spot 
f"equQncy generator for sweep generation. 

3,4, The Mixei;' 

Tho mixer's two inputs are, 500 KHa and basis sweep 
(510,0 KBz to 599,9 KHz) for the first decade, 50 KHz and sweep 
signal which is now 51,00 KHz to 59,99 KHz and so on for successive 
lower decades. Our aim is to find difference of these two inputs 
after passing the output of this mixer from appropriate filter* a 
low-pass in present situation. 

One would like to use square waves for both the inputs of 
this mixer as it results in less hardware. 

Analysing this mixer's output content (for first decade) 
if both the inputs are made square wave. 

The output of the mixer will be of the f ortt 

f (5 « L f c t M f a —r-(3,5) 

fg - SOOKH* 

fo s iweep ranging from 510*0 to 599,9 KHz 
Let fc 2 510,0 KHz 


Where 
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and L & M are integers corresponding to the harmonics of 
input. 

Table 3,1 t Harmonic Analysis of Mixer Output 


L ' . 

■ 1 

f ...... .. . . . 

2 

3 

1 

’ iSJK 

490 K 

990 K 


1010 K 

1 

1510 K 

2010 K 

2 

520 K 

20 K 

480 K 


1520 K 

a020 K 

2520 K 





3 

1030 K 
2030 K 

550 K 

2530 K 

3030 K 


Prom the above table we can soo that vAien L and M are 
same their dlff erencg/i l«e. difference of sane harmonics of 
input signals, will also fall in pass-band (which is IDO KHz for 
present (first decaiie) situation) of the low-pass filter which 
follows this mixer. So as a result of this analysis it can be 
conclu4#d thiit one cannot uso both inputs of tho mixer as square 
wave. This problem can be eliminated by using only one input 
as sine wave. 

As one input of this mixer is constant frequency (for 
particular range selected) and other is sweep;» the con^ant 
frequency input signaL is made sine by using band-pass filters^ 
the design of which has been discussed in Section 3,2, 
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For the purpose of this ajixer* double balanced soduXator 
demodulator (LM 1496) chip \i/hich produces product of an inpur 
(signal) voltage and a switching (carrier signal). 

Pig. 3.7 gives schematic oircuitdiagram of this integrated 
circuit chip, 

A resistor to ground from bias terminal fixes the bias 
constant current source current i^ich is same for 4 f and Q 0 also. 
This current depends on the negative supply voltage and value of 
resistor connected to the bias terminal. Same current will pass 
from Q 5 and Qg vben there is no signal. At gain aljusb pins which 
are emitters of two transistors a resistor is connected to direct 
current from one transistor to another aooosding to signal. Total 
current remains same which is equal to g.Icg* 

The current in Q 5 and Qg is modulated by signal input. 

At one stage currents can be I eg + Is and leg - Is where 
leg is bias current and I 3 is signal current. 

Transistors Qi # Q 2 % » % which makes a differential 
pair are used in switching mode which are switched with carrier 
(switching) signal. At any stage either translators and % an 
"ON" or Qz & Qgapfi"0N". 

And so at output (Resistors from output to Vqc are to be 
connected-they-belng open-collector type) we get product of two 
signals. 

To separata required component from output^ this output 

has to be passed froft appropriate filters. In the present case 
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Big, 3.7 Schematic diagram of I.C, 1496 
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the remairei band Is upto IDO KBs, So the output is passed from 
a lOO KHa low-pass filter to;^VQ us required output. 

Also while using this I,G. it is necessary to Mas signal 
port negatively with respect to carrier port. KLg, 5,8 gives 
complete circuit diagram of this mixer. Resistors Ri , Rg , Rj, 

R 4 biases pin 1 and 4 (signal port inputs) to half the negetive 
bias. Carrier port (pins 8 and 10 ) is directly grounded via 
resistor R 5 and Rg, Rg /i S 7 ^ Rg also works as level shifter^ to 
make carril|r signal suitable for LM 1496, Rg is used to adjust 
tho bias and R^q and '^rks as collector loads for the outputs, 

Tho output is ao coupled via capacitor to tho input of the 

filters, 

3.5. Low Pass RUtors (LPF) 

The function of these low-pass filters is to extract 
required frequency components from the mixer output. Pour differa^t 
filters one for ovory range are used for tMa purpose. Pig. 5.9. 
and Pig, 3,10 gives circuit diagram for IDO K LPP ani 30 K LPP 
respootively, The values in the bttaclcets are for 300 Hz and 
10 Hz filters. 

All the filters are made fourth order VCPS type active 
lowfc*pass filters. The exhaustive analysis and design procedure 
can be had from ffilburn & Johnson (3). 

Automatic Gain Control (AQCl 

The outputs of above filters wiU have varying amplitude 
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as ono can not fnaiko flat pas-^-bard filter - as gain can not 
bo male constant ova? a cotnpXete pass band of filter. All the 
filters arc to bo followed by AGO circuit. 

The circuit diagram of AGO is glvon in Jig. 5, 11. The 
function of this circuit is aihipiQ, The PET (BPW ID) is used as 
Voltage Variable Resistor (WR) add this is used as one of -fee gain 
controlling rosisbor of amplifier. This amplifier is followed by 
precision rectifier. 

Appropriate dc is injected in this stage so that output 
of this rootifior can bo directly fo^ to the gate of PET after 
filtering. 

Now if amplitude of output increases^ the negative bias 
on the gato of PET also increases, which results in increase in 
effective re. 5 isbance offered by PEP which in turn reduces the gain 
of amplifier and vice-versa^ 






Chapter 4 


RESUIffS AWB COJTGLUSIONS 

She hardware developed ' in Chapter three is actually 
fabricated and tested for first two decades. She following 
table shows the frequency setting, the output frequency and its 
variations with time, for few spot frequencies. 

Table 4.1 t Frequency Setting Vs* Frequency Output 


Freq. 

setting 

Output 
frequency 
after it has 
settled 

Output frequency 
variations 
immediately 
after setting 

Output freq- 
uency varia- 
tion after 

10 sec. 

— i 

■ Output I 

■ freq. , | 

variat ionj 
after | 

1 minute 

2.57 

KHz 

2.569 KHz 

2.1 KHz - 
2. 9 KHz 

2.52 KHz - 
2.60 KHz 

2.568 KHzi 
2.571 KHzl 

25,9 

KHz 

25.87 KHz 

25 . 5 KHz - 
26.2 KHz 

25.8 KHz - 
26.0 KHz 

25.86 KHz ^ 
25 . 88 KHz 

4.05 

KHz 

4.049 KHz 

3.6 KHz - 
4.5 KHz 

3.96 KHz to 

4 . 03 KHz 

4.047 KHz ■ 
4.051 KHz 

40,7 

KHz 

40,68 KHz 

40.2 KHz - 
41.1 KHz 

40.60 KHz to 
40.74 KHz 

40.67 KHz 
40;69 KHz 


From the table we can see that the variation in output ^ 

frequency immediately after the setting of the frequency is large.. 
This can be expected as the reference frequency at v^hioh FIL j 

v/orks is 500 Hz. So short-term instability according to this 
frequency will be there* Also the low-pass time constant is 
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approximately 0,6 seconds, settling time is also proportional 
to this. Higher the ItPP time constant (liPP - capacitor), the 
capture range is smaller and thus output frequency will have 
better stability, hence one would like to have as high value of this 
capacitor as possible. On other hand higher the time constant, 
larger is the time taken for settling. So there is trade-off 
between speed of sweeping and st '■‘ility of frequencies, in 
selecting this time constant. If one can afford slovier sweep 
then he can have higher stabil ty in this system. 

As we go on increasing sweep rate, after some time, the 
output frequency will start lagging behind the setted frequency 
and if still the sweep rate is increased, the PIL will fail to 
maintain lock, fhe maximum sweep rate without any lagging and 
with lagging are given L 

Maximum sweep rate without any lagging -tS'Hg 

Maximum sweep rate with some la,^ing -■ 4 - 5 'OHf 

¥hleh means that if we increase sweep rata beyond 13 SHs, 
th© PHi win. fail to maintain lock. 

Sugg es ted Modifications 

In the present system, even if we can afford slower 
sweep rate the capture range can not be increased beyond some 
point , because PLL will loose lock. 



MSB= — 





To sweep input of PLIi 


Pig. 4.1 Tracking PLI 


64 preset 



- 10x10 


2xl'}'x64 


measurement 

and 

storage. 



Syst em under 
test 


Under flow 



Pig. 4.2 Alternate low frequency synthesizer 
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Por this prohlem one can use tracking PLI in which YCO 
frequency tracks the frequency at which it. is aaked to lock. 

The PI/L XR-215 "being highly sophisticated PIIi gives facility 
of sweeping VOO frequency by giving negative bias at sweep 
input. Pig. 4.1 gives a scheme for such a tracking PLL. It 
uses a four bit d i git al~td -analog converter which takes, the 
four most significant bits of the digital input to PIL, as 
input of it and with appropriate do injected at its input, 
gives the output which can be feed to sweep input of PLI, 

Thus with the change in the division ratio (most significant 
digit) the VOO frequency also changes. Now with this tracking 
PLIi one can make PLL very "tight'' as the capture range required 
is very low and so LPP time constant can be increased. 

Although this scheme gives some problems they can be 
overcome , 


Also this scheme is prone to more jitter in lower de- 
cades especially in 10 Hz to 100 Hz deoades. For this reason 
the *alternative way to generate this deoade and lower decades 
(if desired) is as follows. The schematiQ is given in Pig, 4,2. 


The frequency P, required to be generated (frequency less 
than 100 Hz) is fed to the logic circuit which calculates 


,, 10rlO^ 


(4.1) 


where P is frequency to be generated. 



Now, 10 MHz clock; is divided 'by this number X, The output 
of this gives 64 clock pulses in the 180® of the frequency to 
be generated. This output goes to the input of the programmable 
counter, -which is resetted when it reaches to 64, at this instant 
a flip-flop is also toggled. The output of this counter goes to 
the sine conversion ROM, which generates 8-bit digital data which 
is digitally equal to the sine of the input (i,e. output is 
digitally equal to sin(~^ x: Address). This output is fed to two 
DAO, one generates a positive cycle and another a negative cycle. 
An analog multiplexer selects one out of two alternatively at 
each 180® (the signal for this is given by flip-flop). The 
multiplexer^ gives the required output. 

Hence the combination of these two schemes, the present 
scheme and the above suggested scheme can give us frequency 
synthesizer for any range. As the suggested scheme can give us 
any frequency which is less than 100 Hz, even 0.01 Hz, -^vhile 
the PIiI» synthesizer works satisfactor above 100 Hz, The com- 
bination eliminates all the problems, which this instrument is 
prove to at lower frequencies. 
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